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(37) ABSTRACT

For controlling a time-scaling of an audio signal, the audio
signal being distributed to a sequence of frames that are
received via a packet switched network, a change in a delay of
recetved frames 1s detected. Moreover, an amount of time
scaling that 1s to be applied to recerved frames for compen-
sating for the detected change 1s determined. Further, a kind
of the change 1s determined. Further, a length of a time win-
dow within which a time scaling of the determined amount 1s
to be completed 1s determined depending on the determined
kind of the change.
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CONTROLLING A TIME-SCALING OF AN
AUDIO SIGNAL

FIELD OF THE INVENTION

The invention relates to a method for controlling a time-
scaling of an audio signal. The invention relates equally to a
chipset, to an audio receiver, to an electronic device and to a
system enabling a control of a time-scaling of an audio signal.
The mvention relates further to a software program product
storing a software code for controlling a time-scaling of an
audio signal.

BACKGROUND OF THE INVENTION

Time-scaling an audio signal may be enabled for example
in an audio receiver that 1s suited to receive encoded audio
signals 1n packets via a packet switched network, such as the
Internet, to decode the encoded audio signals and to playback
the decoded audio signal to a user.

The nature of packet switched communications typically
introduces variations to the transmission times of the packets,
known as jitter, which 1s seen by the recerver as packets
arriving at irregular mtervals. In addition to packet loss con-
ditions, network jitter 1s a major hurdle especially for conver-
sational speech services that are provided by means of packet
switched networks.

More specifically, an audio playback component of an
audio receiver operating 1n real-time requires a constant input
to maintain a good sound quality. Even short interruptions
should be prevented. Thus, 11 some packets comprising audio
frames arrive only after the audio frames are needed for
decoding and further processing, those packets and the
included audio frames are considered as lost. The audio
decoder will perform error concealment to compensate for
the audio signal carried 1n the lost frames. Obviously, exten-
stve error concealment will reduce the sound quality as well,
though.

Typically, a jitter bufler 1s therefore utilized to hide the
irregular packet arrival times and to provide a continuous
input to the decoder and a subsequent audio playback com-
ponent. The jitter bulfer stores to this end incoming audio
frames for a predetermined amount of time. This time may be
specified for mstance upon reception of the first packet of a
packet stream. A jitter builer introduces, however, an addi-
tional delay component, since the recerved packets are stored
before further processing. This increases the end-to-end
delay. A jitter bufler can be characterized by the average
buffering delay and the resulting proportion of delayed
frames among all recerved frames.

A jitter butler using a fixed delay 1s inevitably a compro-
mise between a low end-to-end delay and a low number of
delayed frames, and finding an optimal tradeoil 1s not an easy
task. Although there can be special environments and appli-
cations where the amount of expected jitter can be estimated
to remain within predetermined limits, in general the jitter can
vary from zero to hundreds of milliseconds—even within the
same session. Using a fixed delay that 1s set to a suificiently
large value to cover the jitter according to an expected worst
case scenar1io would keep the number of delayed frames 1n
control, but at the same time there 1s a risk of introducing an
end-to-end delay that is too long to enable a natural conver-
sation. Therefore, applying a fixed bullering 1s not the optimal
choice 1n most audio transmission applications operating
over a packet switched network.

An adaptive jitter buifer can be used for dynamically con-
trolling the balance between a sufficiently short delay and a
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suificiently low number of delayed frames. In this approach,
the incoming packet stream 1s monitored constantly, and the

builering delay 1s adjusted according to observed changes in
the delay behavior of the incoming packet stream. In case the
transmission delay seems to increase or the jitter 1s getting,
worse, the butlering delay 1s increased to meet the network
conditions. In an opposite situation, the butfering delay can
be reduced, and hence, the overall end-to-end delay 1s mini-
mized.

Since the audio playback component needs a regular input,
the buffer adjustment 1s not completely straightforward,
though. A problem arises from the fact that 1f the buffering
delay 1s reduced, the audio signal that 1s provided to the
playback component needs to be shortened to compensate for
the shortened buflering delay, and on the other hand, if the
builering delay 1s increased, the audio signal has to be length-
ened to compensate for the increased butlering delay.

For Voice over IP (VoIP) applications, 1t 1s known to
modily the signal 1n case of an increasing or decreasing butier
delay by discarding or repeating a part of the comiort noise
signal between periods of active speech when discontinuous
transmission (D'1X) 1s enabled. However, such an approach 1s
not always possible. For example, the DTX functionality
might not be employed, or the DTX might not switch to a
comiort noise due to challenging background noise condi-
tions, such as an interfering talker 1n the background.

In a more advanced solution taking care of a changing
builer delay, a signal time scaling 1s employed to change the
length of the output audio frames that are forwarded to the
playback component. The signal time scaling can be realized
either inside the decoder or 1n a post-processing unit after the
decoder. In this approach, the frames 1n the jitter builer are
read more frequently by the decoder when decreasing the
delay than during normal operation, while an increasing delay
slows down the frame output rate from the jitter butfer.

In an audio receiver that 1s equipped with an adaptive jitter
builer and a time scaling functionality, the network status and
the buller status are monitored constantly. Based on the status
of the bufler and the network, time scale modifications are
performed on an audio signal, either by adding or by remov-
ing segment(s) of the audio signal, to compensate for any
change 1n the buifer delay.

The challenge 1n performing time scale modifications 1n
active parts of the audio signal 1s to keep the perceived audio
quality at a suificiently high level.

SUMMARY OF THE INVENTION

It 1s an object of the invention to improve a time-scaling,
operation, which 1s applied to an audio signal. It 1s further an
object of the invention to optimize the audio quality of a time
scaled audio signal.

A method for time-scaling an audio signal 1s proposed, the
audio signal being distributed to a sequence of frames that are
received via a packet switched network. The method com-
prises detecting a change 1n a delay of recetved frames. The
method further comprises determining an amount of time
scaling that 1s to be applied to received frames for compen-
sating for the detected change. The method further comprises
determining a kind of the change. The method further com-
prises determining a length of a time window within which a
time scaling of the determined amount 1s to be completed
depending on the determined kind of the change.

Moreover, a chipset with at least one chip 1s proposed. The
at least one chip comprises a time scaling control component
for controlling a time-scaling of an audio signal, which audio
signal 1s distributed to a sequence of frames that are received
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via a packet switched network. The time scaling control com-
ponent 1s adapted to detect a change 1n a delay of recerved
frames. The time scaling control component 1s further
adapted to determine an amount of time scaling that 1s to be
applied to recerved frames for compensating for a detected
change. The time scaling control component i1s further
adapted to determine a kind of a detected change. The time
scaling control component 1s further adapted to determine a
length of a time window within which a time scaling of the
determined amount 1s to be completed depending on the
determined kind of the change.

Moreover, an audio recetver comprising a time scaling
control component for controlling a time-scaling of an audio
signal 1s proposed. The audio signal 1s assumed to be distrib-
uted to a sequence of frames that are received via a packet
switched network. The time scaling control component 1s
adapted to realize corresponding functions as the time scaling
control component of the proposed chipset. It has to be noted,
however, that the time scaling control component can be
realized by hardware and/or software. The time scaling con-
trol component may be implemented for instance 1n a chipset,
or it may be realized by a processor executing corresponding
software program code components.

Moreover, an electronic device comprising a time scaling,
control component for controlling a time-scaling of an audio
signal 1s proposed. The audio signal 1s assumed to be distrib-
uted to a sequence of frames that are received via a packet
switched network. The time scaling control component of the
clectronic device corresponds to the time scaling control
component of the proposed audio receiver. The electronic
device could be for example a pure audio processing device,
or a more comprehensive device, like a mobile terminal or a
media gateway, efc.

Moreover, a system 1s proposed, which comprises a packet
switched network adapted to transmit audio signals, a trans-
mitter adapted to provide audio signals for transmission via
the packet switched network and a recerver adapted to receive
audio signals via the packet switched network. The recerver
corresponds to the above proposed audio recerver.

Finally, a software program product 1s proposed, 1n which
a software code for controlling a time-scaling of an audio
signal 1s stored in a readable medium. The audio signal 1s
assumed again to be distributed to a sequence of frames that
are received via a packet switched network. When being
executed by a processor, the software code realizes the pro-
posed method. The software program product can be for
example a separate memory device, a memory that is to be
implemented 1n an audio recerver, etc.

The mvention proceeds from the consideration that a time
scaling operation should react differently to different kinds of
situations.

In general, a time scaling operation results 1n the best audio
quality when the applied change on a time scale 1s as small as
possible. For example, extending a 20 ms segment of an audio
signal 1nto a 25 ms segment can be expected to cause practi-
cally no quality degradation, while extending the 20 ms seg-
ment to a 40 ms segment 1s likely to cause some degradation
in audio quality. This implies that dividing a largish time
scaling request 1nto a series of shorter scaling steps usually
provides a clear advantage 1n terms of audio quality.

While this requirement seems to favor gradual modifica-
tions, sudden changes 1n the transmission delay characteris-
tics may require immediate time scale modifications despite
the previously mentioned advantage of a gradual modifica-
tion. Even though performing the modifications immediately
and within a short time limit might result 1n a certain quality
degradation, a buffer overtlow or undertlow leading to a loss
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4

of a frame or of frames that could result with a gradual
modification would still be more severe.

It1s therefore proposed to employ a windowed time scaling
operation and to control the time scaling by providing not
only the required amount of time scaling but 1n addition a
length of a time window, that 1s, a time limit 1n which the
scaling must be performed. This allows the time-scaling to be
performed 1n as many small steps as {it into the time window.

It 1s an advantage of the invention that the trade-off
between the bullering delay and the amount of delayed audio
frames can be maintained 1 an optimal way. Changes 1n
transmission characteristics requiring different buifer adap-
tation strategies can be taken into account by a corresponding
control of the time scaling. This improves the audio quality
resulting with the time scaling operation.

The determined kind of a change 1s either a kind requiring,
a shorter time window for a determined amount of time scal-
ing or a kind permitting a longer time window for a deter-
mined amount of time scaling.

A kind of a change requiring a shorter time window may be
determined to be given, for example, 1n case a change 1n delay
1s detected, which exceeds a predetermined value.

Such a significant change may be indicative of a change of
the ‘static’ transmission delay in the packet switched net-
work. Alternatively or 1n addition, a kind of a change requir-
ing a shorter time window may be determined to be given, for
example, 1n case a delay spike 1s detected.

A kind of a change requiring a longer time window may be
determined to be given, for example, 1n case a changed
amount of delayed frames 1s detected. Such a change may be
indicative of a changed jitter in the packet switched network.
If recetved frames are buflered in a variable buffer upon
reception, alternatively or in addition a kind of a change
permitting a longer time window may be determined to be
given, for example, 1n case a gradually changing buffer occu-
pancy 1s detected. Such a change of buffer occupancy may be
indicative of a clock drift between transmitter and recerver.

Received frames may be time-scaled by the determined
amount within a time window of the determined length. The
actual scaling may be carried out 1n any suitable way. Each
scaling period may correspond for instance to a suitable mul-
tiple of a pitch period.

It 1s to be understood that the time scaling does not neces-
sarily have to be performed exactly on those frames that are
actually received with a changed delay and for which a delay
change 1s detected. At least in some systems and implemen-
tations, the changed delay of received frames may be deter-
mined for mstance based on reception statistics and thus not
based on the delay of single frames 1n the first place.

For the actual time scaling, it may further be considered
that the audio quality resulting after a time scale modification
1s not the same for all audio contents. For example, for speech
signals certain frame types, such as transient frames or voiced
onsets, are advantageously handled with care 1n order not to
degrade the audio quality. This implies that with strict quality
criteria, the best results might be achieved by prohibiting the
scaling of certain frames. In particular 1n case the determined
length of the time window 1s longer, the type of content of the
frames within the determined time window might therefore
be determined 1n addition. A time scaling of those frames
within the time window, which have a content of a predeter-
mined type, can then be avoided.

The time-scaling might not be applied directly to the
received frames, but rather to processed recerved frames.

The recerved frames may for instance be buflered n a
variable builer upon reception and retrieved from the variable
butifer for decoding. The decoded frames may then be sub-
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jected to the time scaling. This alternative 1s particularly
suited for the case that the time scaling 1s realized 1n a dedi-
cated processing block, that is, either 1n a delimited hardware
circuit or a delimited software code.

Alternatively, the time scaling could be realized for
example in combination with another processing function,
like a decoding or transcoding function. Combining a pitch-
synchronous scaling technique with a speech decoder, for
istance, 1s a particularly favorable approach to provide a
high-quality time scaling capability. For example, with an
AMR codec this provides clear benefits 1n terms of low pro-
cessing load.

If the time scaling 1s combined with the decoding, the
received frames may equally be bullered 1n a variable butier
upon reception and retrieved from the variable bufler for
decoding. In this case, however, the frames that are subjected
to the time scaling may be frames including a linear predic-
tion (LP) synthesis filter excitation signal generated 1n the
decoding.

The mvention can be applied to any type of audio codec, in
particular, though not exclusively, to any type of speech
codec. Further, it can be used for instance for AMR and VoIP.

Other objects and features of the present invention will
become apparent from the following detailed description
considered in conjunction with the accompanying drawings.
It1s to be understood, however, that the drawings are designed
solely for purposes of illustration and not as a definition of the
limits of the invention, for which reference should be made to
the appended claims. It should be further understood that the
drawings are not drawn to scale and that they are merely
intended to conceptually illustrate the structures and proce-
dures described herein.

BRIEF DESCRIPTION OF THE FIGURES

FIG. 1 1s a schematic block diagram of a transmission
system according to an embodiment of the invention;
FIG. 2 illustrates details of an audio receiver of the system

of FIG. 1;
FIG. 3 1llustrates turther details of an audio receiver of the

system of FIG. 1; and

FI1G. 4 1s a tlow chart illustrating an operation 1n the audio
receiver of FIG. 1.

DETAILED DESCRIPTION OF THE INVENTION

FI1G. 11s a schematic block diagram of an exemplary trans-
mission system, 1n which an enhanced time-scaling accord-
ing to an embodiment of the invention may be implemented.

The system comprises an electronic device 110 with an
audio transmitter 111, a packet switched communication net-
work 120 and an electronic device 130 with an audio receiver
131. The audio transmitter 111 may transmit audio frames
including encoded audio data via the packet switched com-
munication network 120 to the audio receiver 131, each
packet comprising an audio frame with encoded audio data.

The input of the audio receiver 131 1s connected within the
audio recerver 131 on the one hand to a jitter bufifer 132 and on
the other hand to a network analyzer 133. The jitter buifer 132
1s connected via a decoder 134 and a time scaling unit 135 to
the output of the audio recerver 131. A control signal output of
the network analyzer 133 1s connected to a first control input
of a time scaling control logic 136, while a control signal
output of the jitter buifer 132 1s connected to a second control
input of the time scaling control logic 136. A control signal
output of the time scaling control logic 136 1s further con-
nected to a control input of the time scaling unmt 135.
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The output of the audio receiver 131 may be connected to
a playback component 138 of the electronic device 130, for
example to loudspeakers.

The jtter butfer 132 1s used to store recetved audio frames
waiting for decoding and playback. The jitter buifer 132 may
have the capability to arrange received frames into the correct
decoding order and to provide the arranged frames—or infor-
mation about missing frames—in sequence to the decoder
134 upon request. In addition, the jitter buifer 132 provides
information about 1ts status to the time scaling control logic
136. The network analyzer 133 computes a set of parameters
describing the current reception characteristics based on
frame reception statistics and the timing of recerved frames
and provides the set of parameters to the time scaling control
logic 136. Based on the recerved information, the time scaling
control logic 136 determines the need for a changing buffer-
ing delay and gives corresponding time scaling commands to
the time scaling unit 135. The used average bullering delay
does not have to be an integer multiple of the mput frame
length. The optimal average buflering delay is the one that
minimizes the bulfering time without any frames arriving
late.

The decoder 134 retrieves an audio frame from the buffer
132 whenever new data 1s requested by the playback compo-
nent 138. It decodes the retrieved audio frame and forwards
the decoded audio frame to the time scaling unit 135. The time
scaling unit 135 performs a scaling commanded by the time
scaling control logic 136, that 1s, 1t may lengthen or shorten
the received decoded frames. The decoded and possibly time
scaled frames are provided to the playback component 138
for presentation to a user.

It 1s to be understood that the presented architecture of the
audio recerver 131 of FIG. 1 1s only intended to 1llustrate the
basic logical functionality of an exemplary audio receiver
according to the invention. In a practical implementation, the
represented functions can be allocated differently to process-
ing blocks. Some processing block of an alternative architec-
ture may combine several ones of the functions described
above. A time scaling unit combined with a decoder, for
example, can provide a computationally very efficient solu-
tion. Furthermore, there may be additional processing blocks,
and some components, like the buffer 132, may even be
arranged outside of the audio recerver 131.

The presented system may be implemented just like a
conventional system in which audio data 1s transmitted from
an audio transmitter to an audio recerver, except for the time
scaling control logic 136 and the time scaling unit 135 of the
audio recerver 131.

Functional details of the time scaling control logic 136 are
presented 1n FIG. 2.

The time scaling control logic 136 may be implemented by
a software code that can be executed by a processor 200 of the
clectronic device 131. It 1s to be understood that the same
processor 200 could execute 1n addition software codes real-
1zing other functions of the audio recetver 131 or, 1n general,
of the electronic device 130. It has to be noted that, alterna-
tively, the functions of the time scaling control logic 136
could be realized by hardware, for instance by a circuit inte-
grated 1n a chip or a chipset.

The time scaling control logic 136 comprises an ‘amount
of time scaling” determination component 210 and linked to
this determination component 210 a ‘length of time window’
determination component 211. The control inputs of the time
scaling control logic 136 that are connected to the network
analyzer 133 and to the jitter butter 132, respectively, are both
linked to the determination component 210. The determina-
tion component 210 outputs a scaling request that 1s fed to the
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time scaling unit 135. The determination component 211
outputs a time window length that 1s fed to the time scaling
unit 135.

Functional details of the time scaling unit 135 are pre-
sented 1n FIG. 3.

The time scaling unit 135 may equally be implemented by
a soltware code that can be executed by a processor 200 of the
clectronic device 131. It 1s to be understood that the same
processor 200 could execute 1n addition software codes real-
1zing other functions of the audio receiver 131 or, in general,
of the electronic device 130. In particular, a software code
realizing the functions of the time scaling unit 135 may be
executed by the same processor 200 as a soitware code real-
1zing the functions of the time scaling control logic 136. Ithas
to be noted that, alternatively, also the functions of the time
scaling unit 135 could be realized by hardware, for instance
by a circuit integrated 1n a chip or a chipset, possibly the same
chip or chipset 1n which the functions of the time scaling
control logic 136 are integrated.

The time scaling unit 135 comprises a ‘frame type” deter-
mination component 310 and linked to this determination
component 310 a ‘windowed time scaling” component 311.
The control signal outputs of the time scaling unit 136 for the
scaling request and the time window length are both linked to
the ‘windowed time scaling” component 311. The output of
the decoder 134 1s linked to the determination component
310. The ‘windowed time scaling’ component 311 outputs
decoded and scaled frames that are fed to the playback com-
ponent 138.

If the time scaling unit 135 1s operating as a separate
processing block as 1llustrated, the described time scale modi-
fication 1s usually performed on the decoded speech signal. If
the time scaling unit 135 1s combined with the decoder 134,
the described time scale modification can be performed for
instance on the LP synthesis filter excitation signal generated
in the decoder 134.

A time scaling control according to an exemplary embodi-
ment of the invention will now be described with reference to
the flow chart of FI1G. 4. Indicated steps 401 to 403 are carried
out by the time scaling control logic 136, while indicated
steps 406 and 407 are carried out by the time scaling unit 135.

The time scaling control logic 136 receives information on
the network status from the network analyzer 133 and 1nfor-
mation on the buffer status from the jitter buifer 132. Based on
this information, the determination component 210 deter-
mines whether a change of the buffering delay 1s impending
and, 11 so, 1t determines 1n addition the amount of time scaling
that 1s required for compensating for the change (step 401).
When network characteristics and bufler status indicate an
increasing delay, some frames have to be lengthened by an
appropriate amount so that the playback component 138
requests new data at a lower rate in order to prevent a builer
underflow while the buffering delay 1s being increased. When
network characteristics and bufler status indicate a decreas-
ing delay, some frames have to be shortened by an appropriate
amount so that the playback component 138 requests new
data at a higher rate 1n order to prevent a bufter overtlow while
the buffering delay 1s being decreased.

The determination component 210 mnforms the determina-
tion component 211 about any required time scaling and as
well about the current network and buftfer status. In addition,
it generates a time scaling request including the required
amount of time scaling and provides 1t to the time scaling unit
135.

In case a time-scaling 1s required (step 402), the determi-
nation component 211 determines whether the kind of the
changed delay requires a fast reaction (step 403).
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The determination component 211 may differentiate to this
end for example between a clock drift, changes 1n a ‘static’
transmission delay, changing jitter and delay spikes, as will be
explained 1n the following.

In some cases the clocks that are driving the operation at
the transmitter 111 and the receiver 131 are not synchronised
due to the fact that the clock signal 1s not completely accurate.
There can be a small deviation that makes the real clock rate
slightly different from the nominal value, resulting 1n a clock
drift. If the transmitter clock runs faster than the recerver
clock, the frames seem to arrive at the receiver 131 at too short
intervals, and this 1s seen at the receiver 131 by gradually
growing builer occupancy and by increasing average buffer-
ing delay. On the other hand, 11 the transmitter clock 1s run-
ning slower than the recerver clock, the frames seem to arrive
at the recerver 131 at too long intervals, and this will cause
slowly decreasing bufler occupancy and decreasing average
builering delay. ITthis phenomenon 1s not taken care of, 1t will
sooner or later result in a buffer overflow or underflow.

This first considered aspect can be detected by the deter-
mination component 211 by watching out for gradually
changing bufler occupancy.

A change 1n the ‘static’ transmission delay may occur 1f the
network load suddenly changes. As a result, there may be a
significant change 1n delay that requires butfer adaptation. A
clear increase 1n delay 1s likely to itroduce a buffer under-
flow, while sudden decrease 1n delay may cause a buffer
overtlow.

This second considered aspect can be detected by the deter-
mination component 211 by watching out for a clear change
in the delay of recerved packets.

A change in the network load may also be seen as changing
ntter mstead of changes in the static delay component.
Changing jitter might actually be a much more common
phenomenon than a changing static delay. In this scenario, an
increasing jitter will cause an increasing amount of late-
arriving frames if the butlering delay 1s not increased accord-
ingly. On the other hand, a decreasing trend 1n jitter will
reduce the number of lost frames due to late arrival, which can
be exploited for reducing the buifering delay.

This third considered aspect can be detected by the deter-
mination component 211 by evaluating the amount of frames
that are arriving late.

A very short term ‘disturbance’ in the network 120 can be
seen 1n the recerver 131 as a delay spike, that 1s, a short period
of no packets at all are followed by a burst of packets.

This fourth considered aspect can be detected by the deter-
mination component 211 by evaluating the distribution of the
reception time of packets.

The same pace of modification would not result in the best
possible audio quality 1n all scenarios listed above. Clock
drift and changing jitter are typically such that they can be
taken care of by gradual modifications, which 1s per se the
best approach for maintaining a high audio quality. A chang-
ing static transmission delay and delay spikes, on the other
hand, require a fast reaction to minimize the degradation in
audio quality due to lost packages.

In case 1t 1s detected that a fast reaction 1s not necessary
(step 403), the determination component 211 sets the length
of a time window for the required amount of scaling to a large
value and provides this value to the time scaling umit 133 (step
404). The large value 1s suited to command the time scaling
unit 135 to perform the required amount of time scaling over
a relatively long modification period.

In case 1t 1s detected that a fast reaction 1s required (step
403), the determination component 211 sets the length of a
time window for the required amount of scaling to a small
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value and provides this value to the time scaling unit 135 (step
405). The small value 1s suited to command the time scaling
unit 135 to perform the required amount of time scaling
immediately and within a short modification period.

It 1s to be understood that 1n both cases, the selected win-
dow size may depend 1n addition on other criteria as well. It
may depend for instance 1n addition on the required amount of
time scaling, since a large amount of scaling and a small
amount of scaling within the same time window will obvi-
ously have different effects.

The time scaling unit 135 receives decoded audio frames
from the decoder 134. In addition, it receives the scaling
command and the associated length of a time window from
the time scaling control logic 136.

The determination component 310 checks the type of the
currently received decoded frames for detecting frames that
have particular requirements on the audio quality, like tran-
sient frames or frames with voiced onsets (step 406).

The windowed time scaling component 311 of the time
scaling unit 135 then applies a time scaling to the received
decoded frames (step 407).

The time scaling 1s performed by the requested amount
within the indicated time window. The windowed time scal-
ing component 311 selects appropriate frames for the time
scaling and optimal modification points within the frames
selected for time scaling.

In principle, the time scaling begins with the first frame that
1s recerved after a new scaling command. If the combination
of the amount of time scaling and the indicated window size
do not imply a fast reaction 1s required, however, the win-
dowed time scaling component 311 takes care that a time
scaling of sensitive frames detected by determination com-
ponent 310 15 avoided.

Typically, the signal extension or contraction i1s done as
multiples of pitch cycles. An example of a suitable time
scaling can be found in the document “High quality time-
scale modification for speech” by S. Roucos and A. M. Wil-
ogus, IEEE ICASSP 1985, pages 493-496. It 1s to be under-
stood, however, that other time-scaling approaches can be
employed as well.

It has to be noted that the amount of time scaling might not
only be given by an absolute amount of a required scaling that
1s to be achieved with frames received within the given time
window. The amount of time scaling could also indicate, for
instance, how many time-scaled frames should fit mto the
indicated time window. Thus, the length of the time window
might either limit the number of considered frames before
time scaling or define the spread of the frames resulting with
the time scaling.

It might further be noted that an alternative approach, in
which the time scaling control logic 136 distributes a bigger
scaling request 1nto a series of smaller ones, 1s less beneficial
than the proposed windowing. The reason 1s that the time
scaling unit 135 has knowledge about the current signal char-
acteristics, and it 1s therefore capable of making the decision
on the exact scaling point that minimizes the audio quality
degradation.

Overall, the adaptive jitter butier should take ito account
the underlying network conditions, the decoder operation,
and the time scaling umit performance.

While there have been shown and described and pointed
out fundamental novel features of the invention as applied to
a preferred embodiment thereot, 1t will be understood that
various omissions and substitutions and changes 1n the form
and details of the devices and methods described may be
made by those skilled in the art without departing from the
spirit of the mvention. For example, 1t 1s expressly intended
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that all combinations of those elements and/or method steps
which perform substantially the same function 1n substan-
tially the same way to achueve the same results are within the
scope of the invention. Moreover, 1t should be recognized that
structures and/or elements and/or method steps shown and/or
described in connection with any disclosed form or embodi-
ment of the invention may be incorporated 1n any other dis-
closed or described or suggested form or embodiment as a
general matter of design choice. It 1s the intention, therefore,
to be limited only as indicated by the scope of the claims
appended hereto.

What 1s claimed 1s:

1. A method comprising:

detecting at an apparatus a change 1n a delay of frames that

are recerved via a packet switched network, the frames
belonging to a sequence of frames to which an audio
signal 1s distributed;

determining an amount of time scaling that 1s required to be

applied to received frames for compensating for said
detected change;

determining a kind of said change by evaluating at least a

change 1n the amount of delayed frames; and
determining a length of a time window within which a time

scaling of said required amount 1s to be completed

depending on said determined kind of said change.

2. The method according to claim 1, wherein a determined
kind of said change 1s either a kind requiring a shorter time
window for a determined amount of time scaling or a kind
permitting a longer time window for a determined amount of
time scaling.

3. The method according to claim 2, wherein a kind of a
change requiring a shorter time window 1s determined to be
given at least 1n case one of a change 1n delay, which change
exceeds a predetermined value, and a delay spike 1s detected.

4. The method according to claim 2, wherein received
frames are builered in a variable builer upon reception and
wherein a kind of a change permitting a longer time window
1s determined to be given at least 1n case a gradually changing
builer occupancy 1s detected.

5. The method according to claim 1, comprising a subse-
quent step of time scaling recerved frames by said determined
amount within a time window of said determined length.

6. The method according to claim 5, further comprising
determining a type of content of said frames within said time
window and avoiding a time scaling of those frames within
said time window, which frames have a content of a prede-
termined type.

7. The method according to claim 3, wherein said time-
scaling 1s applied to recerved frames after a preceding pro-
cessing of said recerved frames.

8. The method according to claim 5, wherein received
frames are buflered in a variable butler upon reception and
retrieved from said variable butfer for decoding, and wherein
frames that are subjected to said time scaling are decoded
frames.

9. The method according to claim 3, wherein received
frames are buffered in a variable builer upon reception and
retrieved from said variable butfer for decoding, and wherein
frames that are subjected to said time scaling are frames
including a linear prediction synthesis filter excitation signal
generated 1n said decoding.

10. An apparatus comprising

a chip including a circuait, the circuit configured to cause the

apparatus at least to perform or

a processor and a memory including a software code, the

memory and the software code configured to, with the
processor, cause the apparatus at least to perform:




US 8,832,540 B2

11

detect a change 1n a delay of received frames of an audio
signal, the audio signal being distributed to a sequence
of frames that are received via a packet switched net-
work;

determine an amount of time scaling that 1s required to be

applied to recetved frames for compensating for a
detected change;

determine a kind of a detected change by evaluating at least

a change 1n the amount of delayed frames; and
determine a length of a time window within which a time

scaling of said required amount 1s to be completed

depending on said determined kind of said change.

11. The apparatus according to claim 10, wherein a deter-
mined kind of said change 1s either a kind requiring a shorter
time window for a determined amount of time scaling or a
kind permitting a longer time window for a determined
amount of time scaling.

12. The apparatus according to claim 10, wherein the cir-
cuit 1s Turther configured to or the memory and the software
code 1s further configured to, with the processor, cause the
apparatus to time scale received frames by a determined
amount within a time window of a determined length.

13. The apparatus according to claim 12, wherein the cir-
cuit 1s Turther configured to or the memory and the software
code 1s further configured to, with the processor, cause the
apparatus to determine a type of content of frames within said
time window and to avoid a time scaling of those frames
within said time window, which frames have a content of a
predetermined type.

14. A system comprising a packet switched network con-
figured to transmit audio signals, a transmitter configured to
provide audio signals for transmission via said packet
switched network and a recetver configured to recerve audio
signals via said packet switched network, the audio signal
being distributed to a sequence of frames, said receiver
including

a chip including a circuit, the circuit configured to cause the

receiver at least to perform or

a processor and a memory including a software code, the

memory and the software code configured to, with the
processor, cause the receiver at least to perform:

detect a change 1n a delay of received frames;

determine an amount of time scaling that 1s required to be
applied to received frames for compensating for a
detected change;

determine a kind of a detected change by evaluating at least
a change 1n the amount of delayed frames; and
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determine a length of a time window within which a time
scaling of said required amount 1s to be completed
depending on said determined kind of said change.

15. A software program product in which a software code
1s stored on a non-transitory computer readable media,
wherein said software code realizes the following when being,
executed by a processor:

detecting a change 1n a delay of fames that are receirved via

a packet switched network, the frames belonging to a
sequence of frames to which an audio signal 1s distrib-
uted;

determining an amount of time scaling that 1s required to be

applied to received frames for compensating for said
detected change;

determining a kind of said change by evaluating at least a

change 1n the amount of delayed frames; and
determining a length of a time window within which a time

scaling of said required amount 1s to be completed

depending on said determined kind of said change.

16. The software program product according to claim 135,
wherein a determined kind of said change 1s either a kind
requiring a shorter time window for a determined amount of
time scaling or a kind permitting a longer time window for a
determined amount of time scaling.

17. The software program product according to claim 15,
wherein when being executed by a processor said software
code realizes a subsequent step of time scaling recerved
frames by said determined amount within a time window of
said determined length.

18. The apparatus according to claim 11, wherein the cir-
cuit 1s Turther configured to or the memory and the software
code 1s further configured to, with the processor, cause the
apparatus to determine a kind of a change requiring a shorter
time window to be given at least 1n case one of a change 1n
delay, which change exceeds a predetermined value, and a
delay spike 1s detected.

19. The apparatus according to claim 11, comprising a
variable bufler adapted to builer received frames upon recep-
tion, wherein the circuit 1s further configured to or the
memory and the software code 1s further configured to, with
the processor, cause the apparatus to determine a kind of a
change permitting a longer time window to be given atleastin
case a gradually changing buifer occupancy 1s detected.

20. The apparatus according to claim 10, wherein said
apparatus 1s one of a chipset with at least one chip, an audio
receiver and an electronic device.
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